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(57) ABSTRACT

A method for correcting I/QQ imbalance 1n a received signal 1s
disclosed. The method includes the steps of grouping (202)
the recerved signal 1into a predetermined number of clusters,
and determining (204) at least one coetlicient value by feed-
ing the predetermined number of clusters into a nested loop.
The method further includes computing (206) a compensa-
tion value based on the at least one coefficient value, and
correcting (208) the I/QQ imbalance 1n the recerved signal by
using the compensation value.
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METHOD AND SYSTEM FOR 1/Q
IMBALANCE AND DC OFESET
CORRECTION

FIELD OF THE INVENTION

This invention relates in general, to communication sys-
tems, and more specifically to error correction occurring 1n a
received signal of a communication system.

BACKGROUND OF THE INVENTION

Communication systems utilizing Radio Frequency (RF)
signals often convert the received signal into an in-phase (1)
component and a quadrature (Q) component. A mismatch 1n
these electrical components 1n the signal channels causes 1/Q)
imbalances 1n the recerved signal. The 1/Q 1imbalances, such
as amplitude 1mbalance and phase imbalance, are frequency-
dependent and highly unpredictable. For communication sys-
tems where the received signal 1s converted 1nto its constitu-
ent baseband I/QQ components (eg: Direct Conversion
Receivers), the I/QQ mismatch and intrinsic Local Oscillator
(LO) self-mixing will introduce a Direct Current (DC) offset
error 1n base-band 1/Q signals. These errors degrade the signal
quality, hence detection and correction of these errors
becomes necessary.

Various methods exist i the art for correcting said 1/Q)
imbalances and DC offset errors. In one method, the I/Q)
phase and amplitude balance 1s compensated by using syn-
chronous calibration regions embedded 1n packet data sig-
nals. The amplitude ratio 1/Q 1s calculated directly, and the
phase balance 1s checked for orthogonality 1n relation to the
expected 90 degrees. In another method, the I/QQ phase and
amplitude imbalance is corrected 1n real time by using pilot
signals that are embedded in the RF carrier. In yet another
method, a differentiate-cross-multiply demodulator strategy
1s used, which utilizes two correction factors. One of the
correction factors 1s scaled as a quotient of the divide opera-
tion to minimize distortion.

The methods described above suffer from one or more of
the following limitations. First, the methods, while recerving,
the signals, are not able to eliminate amplitude 1mbalance,
phase imbalance and DC offset errors 1n real time. Second,
the methods are not immune to a highly dynamic RF and
parametric environment. Third, some of the methods require
pilot signals and cannot operate piece-wise continuously on
the actual signal.

Accordingly, there 1s aneed for an improved I/QQ imbalance
and DC offset correction.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention 1s illustrated by way of example and
not limitation in the accompanying figures, in which like
references 1indicate similar elements, and 1in which:

FIG. 1 1s a block diagram 1llustrating the processing of a
received signal 1n a communication system, in accordance
with an embodiment of the present invention;

FIG. 2 1s a flow chart 1llustrating a method for correcting
I/QQ 1imbalance and DC offset error in a received signal, 1n
accordance with an exemplary embodiment of the present
imnvention;

FIG. 3 and FIG. 4 illustrate a tlow diagram showing a
nested loop, in accordance with an exemplary embodiment of
the present invention;
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FIG. 5 1s a flow diagram illustrating a nested loop, 1n
accordance with another exemplary embodiment of the
present invention;

FIG. 6 1s a block diagram 1llustrating the process of con-
trolling the processing ol I and (Q components, 1n accordance
with an exemplary embodiment of the present invention; and

FIG. 7 1illustrates a flow chart for implementing the 1/Q
imbalance correction technique 1n a Digital Signal Processor
(DSP), 1n accordance with the present invention.

Skilled artisans will appreciate that elements 1n the figures
are 1llustrated for simplicity and clarity and have not neces-
sarily been drawn to scale. For example, the dimensions of
some of the elements 1n the figures may be exaggerated rela-
tive to other elements to help to improve understanding of
embodiments of the present invention.

DETAILED DESCRIPTION OF THE
EMBODIMENTS

PR.

(L]
By

ERRED

Briefly, in accordance with the present imnvention there 1s
disclosed herein a method for correcting I/QQ imbalances 1n a
received signal. The method 1ncludes the steps of continu-
ously resolving the recerved signal into a predetermined num-
ber of samples, which are then processed using a nested loop
processing structure. The nested loop processes the predeter-
mined number of samples to determine at least one coelficient
value. A compensation value 1s calculated using the at least
one coellicient value. The compensation value 1s then used for
correcting the I/QQ imbalance in the received signal.

In another embodiment, the method described above 1s
used to correct the recerved signal for DC offset error.

Belore describing in detail the particular method and sys-
tem for I/QQ imbalance and DC offset correction in accordance
with the present invention, 1t should be observed that the
present invention resides primarily in combinations of
method steps and apparatus components related to method
and system for I/QQ imbalance and DC oflset correction.
Accordingly, the apparatus components and method steps
have been represented where appropriate by conventional
symbols in the drawings, showing only those specific details
that are pertinent to understanding the present invention so as
not to obscure the disclosure with details that will be readily
apparent to those of ordinary skaill in the art having the benefit
of the description herein.

A “set” as used 1n this document, means a non-empty set
(1.e., comprising at least one member). The term “another”, as
used herein, 1s defined as at least a second or more. The terms
“including™ and/or “having”, as used herein, are defined as
comprising.

It 1s further understood that the use of relational terms, 1f
any, such as first and second, top and bottom, and the like, are
used solely to distinguish one entity or action from another,
without necessarily requiring or implying any actual relation-
ship or order between such entities or actions.

FIG. 1 1s a block diagram illustrating the processing of a
received signal 1n a communication system, in accordance
with an embodiment of the present invention. The signal 1s
received by an antenna 101 and passed on to a band pass filter
102 for processing. The band pass filter 102 passes frequen-
cies 1n a desired range for further processing and attenuates
frequencies below and above the desired range. The recerved
signal 1s then passed on to a low noise amplifier 104, which
amplifies the received signal. The low noise amplifier 104
contributes a least amount of thermal noise to the recerved
signal. The received signal then 1s processed 1n a second band
pass filter 106, which removes the undesirable frequencies
from the received signal. The recerved signal 1s then pro-




US 7,474,711 B2

3

cessed 1n a quadrature mixer 108. The mixer 108 controls the
received signal and mixes the received signal with a quadra-
ture local oscillator signal to baseband I/Q) signals. These
signals are processed at low pass filter 110. The received
signals then go through an Analog-to-Digital converter (A/D
converter or ADC) 112. The A/D converter 112 resolves the
analog recerved signal 1nto a continuous stream of individual
discrete-time sampled data that makes up what 1s generally
referred to as the I/QQ data streams. The I/() data stream 1s then
processed 1n a digital signal processor (DSP) 114. The DSP
114 corrects the receiwved signal for amplitude and phase
imbalance, and DC ofiset error using the methods described
in conjunction with FIG. 2 and FIG. 7.

FIG. 2 15 a flow chart 1llustrating a method for correcting
I/QQ imbalance and DC oifset error in a recerved signal, 1n
accordance with an exemplary embodiment of the present
invention. At step 202, the “stream™ of contiguous discrete-
time samples of the received signal that 1s generated by the
A/D converter 112, 1s strategically partitioned to facilitate
subsequent coellicient calculations. The 1/QQ data stream of
discrete-time samples 1s partitioned into a predetermined
number of contiguous samples that make up a sample group-
ing. In various exemplary embodiments of the present inven-
tion, the sample grouping 1s composed o1 150 to 200 contigu-
ous discrete-time samples that were generated by the A/D
converter by sampling the recerved signal at a sample rate of
20,000 samples-per-second (20 ksps).

At step 204, a coellicient value 1s determined by using an
appropriate technique 1n a nested loop processing structure.
For I/QQ amplitude and phase imbalance, the coetlicient values
for 1%, Q* and I*Q is determined. For DC offset error, the
coellicient value 1s the “middle value™ for the time varying I
and Q component. The sample grouping 1s processed 1n a
nested loop to determine the coetlicient value. The nested
loop 1ncludes one or more concentric loops, with each con-
centric loop operating on the preceding loop estimates. In an
exemplary embodiment of the present invention, the nested
loop 1ncludes three concentric loops, referred to as a primary
loop, a secondary loop and a final loop. The nested loop 1s
described in detail 1n conjunction with FIGS. 3,4 and 5. The
coellicient value 1s determined using at least one of: the
predetermined number of primary loop estimates, a predeter-
mined number of subsequent successive loop estimates and a
final loop estimate.

At step 206, a compensation value for amplitude and phase

imbalance (A_ and ¢) and DC offset error (I, ., Q) 1s com-
puted by using the coellicient value. At step 208, the compen-
sation value 1s used to correct the I/QQ imbalance and DC offset
error present 1n the recerved signal.

The compensation value for DC ofiset error correction 1s
calculated in real time, by using a technique based on the
nested loop. The DC offset error 1s the difference between the
“true middle” point of the time varying I and Q components,
and the theoretical “middle” point intrinsic 1n the demodula-
tor of the DSP 110. For reference purposes, the theoretical
middle point for a given demodulator 1s set to a value of zero.
Additionally, the middle point, which becomes the DC com-
pensation value relative to zero, for the discrete-time samples
of the I/QQ components of the recerved signal may be found
using techniques well known 1n the art, such as digital inte-
gration utilizing the following mathematical relationship:
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lac(n) = ) axlucn—1) +bxI(n)

H

and

Qucm) = ) axQacn—1) + b= Q)

H

where

a <1

b=1-a

Y T

where “a” must be very small for accurate averaging results
that are immune to the received signal modulation. However,
the above digital integration techmique does not provide
results fast enough for real-time compensation with mini-
mum latency 1n generating demodulated data with very small

values of “a”. Therefore, to facilitate accurate and fast DC
compensation, a Maxima/Minima routine 1s applied to each
sample grouping from step 202 in an embodiment of the
invention. The results of said Maxima/Minima routine 1s pro-
vided as an input data to other averaging routines 1ncorpo-
rated mto subsequent loops.

All the processing using the nested loop structure i1s per-
formed 1n step 204, which provides the necessary coelficient
values used 1n the computation of the compensation values in
step 206. More detailed description of the averaging esti-
mates and the nested loop structure will be given 1n subse-
quent discussion on FIGS. 3, 4 and 5.

The compensation value for I/Q phase and amplitude
imbalance 1s calculated using the I/QQ components of the
received signal, which have already been corrected for DC
offset error. The I/QQ amplitude and phase imbalance 1s deter-
mined by using the following error relationship:

Given

I=cos(w1)
and

O=A_ sin(wi—¢)

where A_=amplitude imbalance; and ¢=quadrature phase
imbalance.

Then by mspection, amplitude imbalance

sz
A€= 1_2

The phase imbalance ¢, is determined using I°=I*1, Q*=Q*(Q)
and I*Q coellicients. After determining the amplitude and
phase imbalance coefficients, the compensation values are
computed using the following relationship:

kl :AE‘ Slﬂ(q))
and
k=4, cos(@)

where A _ 1s numeric and ¢ 1s 1n radians.
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The compensated values for I (I_,,,,) and Q (Q_,,,,) are:
I camp:(I -1 d E)kE
and

Qcamp( Q_ Q.:i"r:) +(I_Idc)kl

where I, =DC oflset error 1n I component; and
Q , =DC offset error in Q component.

For analog Frequency Modulated (FM) received signals, the
leomp, and Q.. are post processed through a Bi-Quad de-
emphasis filter and demodulated using the arcTan(.) operand.

FIG. 3 and FIG. 4 illustrate a tlow diagram showing a
nested loop 300, 1n accordance with an exemplary embodi-
ment of the present invention. FIG. 3 shows the computation
of a second loop estimate 302, 1n accordance with an exem-
plary embodiment of the present invention. The input data to
be processed by a first loop 1s varied depending on which
coelficient value 1s to be calculated; however, the method for
determining the coellicient from the first loop 1s the same for
all coellicient values. If the I and Q component amplitude and
phase 1mbalance compensation value 1s to be determined,
then the input data into the first loop 1s contiguous groupings
of values for I?, Q° and I*Q, derived from the contiguous
discrete-time samples of the 1/QQ components. From these
groupings of 17, Q% and I*Q values, a single coefficient values
for 17, Q and I*Q are generated from which A_ and ¢ is
determined as previously discussed. If the DC offset error 1s
to be determined, then the input data into the first loop 1s the
contiguous groupings of the discrete-time samples of the I
and Q components of the received signal. From these group-
ings of I and Q samples, a single coethicient value for I, and
Q.. 1s generated. In order to provide coetlicient results
quickly, the first loop processes the input data using the fol-
lowing equation:

Max{X} + Min{ X}
| = 5

where C, 1s a first loop estimate coetlicient result and X 1s
contiguous grouping of contiguous discrete-time samples of
either I, Q, 17, Q° or I*Q depending on the desired compen-
sation required.

In various embodiments of the mnvention, the groupings of
the contiguous discrete-time data input into the first loop are
of varying lengths. In an embodiment, the number of discrete-
time samples for I°, Q® or I*Q is 150 samples, while the
number of discrete-time samples for I or Q used to calculate
I, and Q. 1s 200 samples. This predetermined number of
samples are processed to get a first loop estimate 304. The first
loop estimate 304 1s also referred to as a primary loop esti-
mate 304. A compensation value 1s calculated using the first
loop estimate 304 computed for these components. The com-
pensation value 1s then used for correcting the I/Q imbalance
in the received signal.

The real-time duration to accomplish the coetlicient calcu-
lation 1s highly dependant on the sample rate and the number
of samples 1n each grouping of the discrete-time samples used
to generate the coellicients necessary for determining the
compensation values. In an embodiment of the present inven-
tion, which utilizes a sample rate of 20,000 samples-per-
second (20 ksps), a first loop estimate 1s calculated 1n 7.5 ms
tor groupings of 150 contiguous discrete-time samples (1350/

20000=0.0075 seconds). For sample groupings of 200
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6

samples, the first loop estimate 1s calculated 1n approximately
10 mS for a samples rate of 20 ksps. The real-time duration
required to calculate the first loop coetlicient values 1s defined
as the first loop iteration period. When the received signal 1s
initially received, and given that initially no estimate 1s avail-
able until at least one first loop 1teration period has elapsed,
(e.g. 7.5 ms or 10 mS), no compensation value is calculated
and no correction 1s applied on the received signal during this
period of time. At the end of the first loop 1teration period, a
compensation value 1s calculated by using the first loop esti-
mate 304. This compensation value 1s used to correct the
errors 1n the received signal.

In subsequent first loop iteration periods, new first loop
estimates 306, 308, 310, and 312, are calculated using suc-
cessive new groups of contiguous discrete-time samples of
the I/Q components of the receitved signal, each grouping
having the appropriate predetermined number of samples.
For imitial compensation when the received signal 1s first
received, or after an adapt 1s triggered, whenever a new coet-

ficient value 1s generated from the plurality of first loop esti-
mate 304,306,308,310, and 312, an incremental average 314

of the first loop estimates 304, 306, 308, 310, and 312 is
calculated, as they become available 1n real-time.

For an embodiment, the mnitial five first loop 1terations
(shown 1n FIG. 3), with each first loop iteration period being
7.5 mS (eg: 150 sample groupings), the coellicients results
from each first loop estimates 304, 306, 308, 310, and 312
would be available at time 7.5 mS, 15 mS, 22.5 mS, 30 mS,
and 37.5 mS respectively. Different groupings of the contigu-
ous discrete-time samples would result 1n a different first loop
iteration period and correspondingly different times of coet-
ficient availability. The number of samples 1n each group may
be selected to optimize accuracy while minimizing process-
ing delays.

As has been previously discussed, upon initial recerve or
after an adapt 1s triggered, a predetermined number of first
loop estimates 1s generated and incrementally averaged to
compute a new compensation value to correct the recerved
signal. Once this 1nitial recerve period or adapt period has
clapsed, a predetermined number of first loop estimates 1s
used to compute a second loop estimate 302. The second loop
estimate 302 1s also referred to as a secondary loop estimate
302. In an embodiment of the present invention, the second
loop estimate 302 1s a secondary mathematical average of the
predetermined number of first loop estimates. An example of
the secondary mathematical average 314 (also referred to as
the modified average 314) used to calculate the second loop
estimate 302 1s:

D C1(k) = Max{Cy (k)} - Min{Cy (k)
k

(' =
2 k-2

Where C, 1s the second loop estimate 302, “k™ 1s an integer
equal to the number of results from the first loop estimates
that are being processed for calculating the second loop esti-
mate 302, and C, 1s a group of “k” contiguous coelficient
results from the previous sequence of the first loop estimates
(eg: 304, 306, 308, 310, and 312). The size of the C, (k) can
vary depending on the coelficient being calculated, and/or
accuracy and 1iteration period requirements.

In an embodiment of the present invention, k=5 and C, (k)
1s composed of five first loop estimates which are used to
compute the second loop estimate 302. As mathematically
described 1n the previous equation, to calculate the modified
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average 314, a highest value first loop estimate and a lowest
value first loop estimate are removed from the five first loop
estimates. Then, an average of the remaiming first loop esti-
mates 1s calculated to generate the second loop estimate 302.
In this embodiment, the second loop estimate 302 1s gener-
ated 1n 37.5 ms assuming a discrete-time sample rate of 20
ksps and a first loop 1teration period of 7.5 mS, for groupings
of 150 contiguous discrete-time samples. The second loop
estimate 302 1s used to compute a compensation value to
correct the errors 1n the recerved signal.

FI1G. 4 shows the computation of a third loop estimate 402,
in accordance with an exemplary embodiment of the present
invention. A plurality of second loop estimate 404, 406, 408,
410, and 412 are generated, with each second loop estimate
being calculated from new contiguous groupings of “k” first
loop estimates. It should be noted that each of the plurality of
second loop estimate 404, 406, 408, 410, and 412 are equiva-
lent to the second loop estimate 302 (shown in FIG. 3);
therefore each of the plurality of second loop estimate are
themselves generated from a plurality of first loop estimates
(as described 1n FIG. 3). The real-time duration required to
calculate a second loop coellicient value 1s defined as the
second loop iteration period, and 1s directly dependant on the
number of “k™ mnput samples each second loop estimate pro-
cesses. For an embodiment illustrated 1in FIG. 3 where k=3,
the second loop 1teration period 1s 37.5 ms for a sample rate of
20ksps and the first loop estimate grouping of 150 contiguous
samples. For imtial compensation when the received signal 1s
first recerved, or after an adapt 1s triggered, whenever a new
coellicient value 1s generated from the plurality of second
loop estimates 404, 406, 408, 410, and 412, an incremental
average of the second loop estimates 404, 406, 408, 410, and
412 1s calculated as they become available 1n real-time. For
the embodiment 1llustrated 1n FIG. 4, the initial five second
loop 1terations, given that each second loop iteration period is
3’7.5 mS, that the coellicients results from each second loop
estimate calculation corresponding to 404, 406, 408, 410, and
412 would be available at time 37.5 mS, 75 mS, 112.5 mS,
150 mS, and 187.5 mS respectively. Diflerent groupings of
the contiguous discrete-time samples would result 1n a differ-
ent second loop 1teration period and correspondingly cause
different times of coellicient availability. The number of the
first loop estimates used 1n calculating a second loop estimate
may be varied to optimize accuracy while minimizing pro-
cessing delays. The second loop estimates are the coellicient
values used to generate a new compensation value in order to
correct the error 1n the recerved signal.

As has been previously discussed, upon initial receive or
alter an adapt 1s triggered, a predetermined number of second
loop estimates 1s generated, and used to compute a compen-
sation value that 1s turn are used to correct the errors 1n the
received signal. Once this mitial recerve period or adapt
period has elapsed, a predetermined number of second loop
estimates 1s used to compute the third loop estimate 402. The
third loop estimate 402 1s also referred to as a tertiary loop
estimate 402.

In an embodiment of the present invention, the third loop
estimate 402 1s a hybrid mathematical average of the prede-
termined number of second loop estimates Specifically, for
third loop estimates, an example of the hybrid mathematical
average 414 (also referred to as the modified average 414) 1s:
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Max(C, (1) — Max{Cy(n)} — Min{Cr(n)}) +
Min(C5(n) — Max{C,(n)} — Min{C,(n)})
2

C3 =

where C,; 1s the third loop estimate 402, “n’ 1s an integer equal
to the number of second loop estimates that are being pro-
cessed to calculate the third loop estimate 402, and C, 1s a
group of “n” contiguous coellicient results from the previous
sequence of the second loop estimates (eg: 404, 406, 408,
410, and 412). The si1ze of the C,(n) can vary depending on the
coellicient being calculated, and/or accuracy and iteration
period requirements.

The techniques for calculating a second loop estimate and a
third loop estimate are interchangeable, and that additional
loop 1terations with other averaging techniques can be
appended to the output of the third loop estimate 402 using
part or combinations of the second or third loop estimate
method. For the embodiment illustrated in FIG. 4, n=5, and
that a new third loop estimate 1s available every 187.5 ms for
a 20 ksps sample rate and 37.5 mS second loop iteration
period.

In an embodiment of the invention, n=5 and C,(n) 1s com-
posed of five second loop estimates which are used to com-
pute the third loop estimate 402. While calculating the modi-
fied average 414, a highest value second loop estimate and a
lowest value second loop estimate are removed from the five
second loop estimates. Then, a Maxima/Minima summation,
divided-by-two of the remaining three second loop estimates
1s used to calculate the third loop estimate 402. In this
embodiment, the third loop estimate 402 1s generated 1n 187.5
ms. The third loop estimate 402 1s used to compute a com-
pensation value that 1s applied to correct the errors in the
received signal for the next 187.5 ms, during which a new
third loop estimate 1s generated. This new third loop estimate
1s used to generate a compensation value to correct errors 1n
the recerved signal. In a stmilar way, third loop estimates are
generated and used to correct the errors 1n the recerved signal.
The nested loop 300 1s now said to be operating 1n a steady
state.

FIG. 5 1s a flow diagram 1llustrating a nested loop 500, 1n
accordance with another exemplary embodiment of the
invention. The nested loop 500 includes a plurality of con-
centric loops similar to the concentric loops in the nested loop
300 (described 1n conjunction with FIG. 3 and FIG. 4), with
cach successive loop processing the result of a preceding
loop. In an exemplary embodiment of the invention, the
nested loop 500 imncludes four concentric loops. The first loop
estimates 502 and 504 are generated using a maxima-minima
operation equivalent to that described in FIG. 3; however,
there are 250 samples 1n each grouping of contiguous dis-
crete-time samples of the recerved signal instead of 150 or
200 samples as previously described. Thus, the first loop
iteration period for the nested loop 500 1s 12.5 mS for a
sample rate of 20 ksps. The outputs of the first loop estimates
502 and 504 are averaged to generate a second loop estimate
506. For this embodiment, 1t 1s apparent that the second loop
iteration period for the nested loop 500 1s 25 mS. For 1nitial
receive, or when in adapt, a compensation value 1s calculated
by using the second loop estimate 506. The compensation
value 1s used to correct the errors 1n the recerved signal. While
not shown, it 1s implied from FIG. 4 that the subsequent
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second loop estimates 508 1s generated from the first loop
estimates subsequent in time to the first loop estimates 502
and 504.

The plurality of second loop estimates 506, 508, 510, and
512 generate coellicient values from groupings of contiguous
pairs of first loop estimates, with each second loop estimate
coellicient being generated every 25 mS for a 20 ksps sample
rate. The second loop estimates 506 and 508 are averaged to
generate a third loop estimate 514. For imitial receive period,
or adapt period, a compensation value 1s computed using the
third loop estimate 514. A plurality of third loop estimates
514, and 516 generate coellicient values from groupings of
contiguous pairs of second loop estimates, which defines the
third loop 1teration period at S0 mS for this embodiment when
using a 20 ksps sample rate, Therefore, 1t 1s apparent that in
the next 50 ms, a third loop estimate 516 1s generated by
averaging the second loop estimates 510 and 512. The third
loop estimates 514 and 516 are then averaged to generate a
tourth loop estimate 518; therefore the fourth loop iteration
period 1s 100 mS. The fourth loop estimate 518 1s used to
compute a new compensation value for correcting the errors
in the received signal. All subsequent compensation values
are calculated using the fourth loop estimates; therefore, once
the compensation values are dertved using a fourth loop esti-
mate, the nested loop 500 1s said to be 1n steady state. Hence,
a new fourth loop estimate 1s generated after every 100 ms,
and a new compensation value 1s calculated for correcting the
errors 1n the received signal.

In accordance with the present invention, as illustrated in
FIGS. 3, 4 and 5, a set of control parameters and adapt
parameters are defined. If the value of one or more of the
adapt parameters in the received signal becomes greater than
a predetermined threshold, the nested loops 300 and 500
collapses. None of the previously generated first loop esti-
mates, second loop estimates and third loop estimates are
used and the nested loops 300 and 500 restarts from the first
loop estimate 304 (for the nested loop 300) or the first loop
estimate 502 (for the nested loop 500). The adapt sequence 1s
defined as the contiguous sequence of running averages gen-
crated from the first loop estimates, the second loop estimates
and the third loop estimates or higher order loops, that are
used to calculate the compensation values prior to the final
steady state coellicient becoming available from the final
loop estimate. The final steady state coellicient 1s the third
loop estimate for the nested loop 300 and fourth loop estimate
for the nested loop 500. A detailed review of the nested loop
control parameters and adapt parameters will be discussed 1n
conjunction with FIG. 7.

FIG. 6 1s a block diagram 1illustrating the process of con-
trolling the processing of I and (Q components, 1n accordance
with an exemplary embodiment of the mvention. A delay
block 602, a threshold block 604, a counter and control block
606, a step detector 608, and an RMS detector 610 are pro-
grammed and controlled by a host micro-processor using a
serial peripheral iterface (SPI) 611.

The counter and control block 606 controls the number of
contiguous samples that are utilized in each grouping of
samples subsequently processed to provide the loop esti-
mates, which loop estimate result 1s used 1n the calculation of
the compensation value for the I/QQ component, and when the
nested loop represented by a first loop estimate 612, a second
loop estimate 614 and a third loop estimate 616 should be
collapsed given that the adapt threshold or suspension thresh-
old has been exceeded.

An adapt threshold 1s defined as a condition that triggers an
adapt sequence which includes a radio mode change, defined
as a user 1mnitiated change 1n the radio’s operating condition,
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and/or magnmitude change 1n the Received Signal Strength
Indicator (RSSI) that exceeds a predefined threshold within a
predefined time period. A suspension threshold 1s defined as
a predefined threshold at very weak RSSI or at very strong
RSSIlevels where compensation values for the amplitude and
phase imbalance, or dc offset error are held constant at the
previous legacy compensation value, and the newer compen-
sation values generated by the nested loop 1s 1ignored or “sus-
pended”; however, the nested loop 1s not necessarily col-
lapsed. A radio mode change 1s easily detected by the radio’s
micro-processor, which in turn 1s used to trigger an adapt
sequence. To trigger an RSSI dependant adapt sequence,
RSSI variations within a predefined time period are compared
against a predefined threshold.

To make the determination for a RSSI dependant adapt,
delayed samples of the received signal, provided by the delay
block 602, are compared to the in-time sampled data of the
received signal 1n the step detector 608. If the magmtude
difference between the time-delayed sample and the real-time
sample exceeds a predefined threshold (as set via the Host/
SPI1611), the step detector 608 outputs a first control signal to
the counter and control block 606 that will trigger an adapt
sequence, resulting 1n the collapse and restart of the nested
loop. The duration of the time delay 1n the delay block 602 1s
programmable via the SPI 611.

In an embodiment of the invention, the RMS detector 610
provides an 1ndication of the absolute RSSI level. The abso-
lute magnitude of the discrete-time sample data 1s compared
to a predefined level provided by the threshold block 604.
The threshold block 604 contains the suspension threshold
value(s), which are set via the SPI 611. If the RMS detector
610 determines that the in-time recerved signal, 1s more than
a predetermined suspension threshold, a second control sig-
nal 1s sent to the counter and control block 606 that will cause
the compensation values for the amplitude and phase 1mbal-
ance, or dc offset error to be held constant at the previous
legacy compensation value, and the newer compensation val-
ues generated by the nested loop 1s 1gnored or “suspended™.
The second control signal from the RMS detector 610 will not
necessarily cause the nested loop to be collapsed.

The firstloop estimate 612 1s representative of the first loop
estimates 304, 306, 308, 310, and 312 (shown 1n FIG. 3), or
502, 504, and other implied first loop estimates (shown 1n

FIG. S). The second loop estimate 614 1s representative of the
second loop estimates 404, 406, 408, 410, and 412 (shown 1n

FIG. 4), or 506, 508, 514, 516 and other implied second loop
estimates (shown in FIG. §). The third loop estimate 616 1s
representative of the third loop estimate 402 (shown 1n FIG.
4), or 510, 512 and other implied third loop estimates (shown
in FIG. 5). For brevity purposes, the fourth loop estimate 518
(shown 1n FIG. 5) 1s not illustrated 1n FIG. 6; however, the
tourth loop estimate can be easily appended to the output of
the third loop estimate 616 and incorporated into the counter
and control block 606 control strategy without departing from
the scope and spirit of the present invention.

The counter and control block 606 controls the number of
contiguous discrete-time samples 1n each sample group that 1s
subsequently processed mnto coellicient values as previously
described. When an adapt sequence 1s triggered, the control
and counter block 606 routes the output of the first loop
estimate 612 through the adapt enable block 618, providing a
running average compensation value from the first loop esti-
mates that 1s used to correct the raw 1/QQ data sequence at a
summation block 624.

Once the 1itial second loop 1teration period has elapsed,
the control and counter block 606 stops compensation at the
adapt enable block 624, and routes the output of the second
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loop estimate 614 through the adapt enable block 620, pro-
viding a running average compensation value from the sec-
ond loop estimates that 1s used to correct the raw 1/QQ data
sequence at a summation block 626.

Once the mitial third loop iteration period has elapsed, the
control and counter block 606 stops compensation at the
summation block 626, and routes the output of the third loop
estimate 616 through an adapt enable block 622, providing a
compensation value from the third loop estimate that 1s used
to correct the raw 1/QQ data sequence at a summation block
628.

If the third loop estimate 1s the final loop estimate, the loop
1s said to have reached steady state, with each successive third
loop estimate being used to compensate the raw I/Q data
sample from the recerved signal. After the loop has reached
steady state, all I/QQ compensation 1s done at the summation
block 628, with compensation values at the summation
blocks 624 and 626 being set to zero (disabled).

The compensation value 1s set at the adapt enable blocks

618, 620 and 622, which are controlled by the counter and
control block 606. As will be described 1n detail in FIG. 7, the
actual compensation value provided by the adapt enable
blocks 618, 620 or 622 can be the true compensation value
calculated from the nested loop coetficients, or can be modi-
fied 1n a predetermined manner. If the suspension threshold 1s
triggered, the counter and control block 606 forces the com-
pensation coellicient provided by the adapt enable block 622
to be held constant at the last valid legacy compensation value
(compensation values at the adapt enable blocks 618 and 620
are set to zero). Once the suspension threshold signal pro-
vided by the RMS detector 610 1s cleared, the counter and
control block 606 allows the resumption of 1n-time compen-
sation values provided at the adapt enable block 622. A
detailed review of the adapt threshold, suspension threshold,
and other nested-loop control parameters has been described
in conjunction with FIG. 7.

FIG. 7 1llustrates a flow chart for implementing the 1/Q
imbalance correction technique incorporated in the Digital
Signal Processor (DSP) 114, 1n accordance with the present
invention. At step 702, the I/QQ components of the recerved
signal 1s continuously sampled. At step 704, the received
signal 1s partitioned into contiguous groupings dependant on
the coellicient to be calculated. The Recerved Signal Strength
Indication (RSSI) for the received I and QQ samples 1s calcu-
lated at step 706 and subsequently compared against a sus-
pension threshold (Ts) at step 708. At step 708, 1f the RF
signal 1s determined to be below a predefined threshold, the
compensation values are held at step 710 and the decision
metric 1s looped back to processing the input received signal
at step 704. 11 at step 708, 1t 1s determined that the RSSI
exceeds Threshold T, the recerved signal RSSI 1s compared
against a hysterisis value (1,+H,,) at step 712. If the signal
does not exceed the hysterisis value of T +H._, then the com-
pensation 1s held constant and the decision metric 1s again
looped back to processing the mnput recerved signal at step
704. If however, the RSSI 1s of sufficient level to resume
compensation calculation, the control parameters are set at
step 714 prior to resuming compensation calculations and
corrections.

Given that the RF level 1s above the predetermined value at
step 712, and that the control parameters are set at step 714,
then the received I and Q signals are compared against a
second threshold, the adapt step threshold T, at step 716. The
radio operating mode 1s also verified in step 718 1n parallel to
step 716 to ensure that no change 1n operating mode has
occurred. Should eitther a change in radio operating mode be
detected 1n step 718, or a RSSI step of size exceeding adapt
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the threshold T, be detected in step 716, then the loop
counters are 1nitialized at step 720 and the adapt sequence 1s
initiated at step 722. Should neither a change 1n radio mode
occur at step 718 or RSSI step be detected at step 716, then the
nested loop sequence 1s set to nominal steady state operation
at step 724 where the compensation values are calculated
from the final loop estimates and post-process application of
step limiting at step 728 to ensure compliance to the appro-

priate control parameters. The compensation values are
applied to the sampled I/Q recerved signal at step 730.

If an adapt sequence 1s initiated at step 722, the average of
the various loop estimates are generated using the first, sec-
ond and possibly third loop estimates, with no constraints on
the compensation values being applied (i.e. suspending step
limiting at step 726). Again the compensation values are
applied at step 730 whether said estimates are calculated 1n
the steady state nested loop or during the adapt. This sequence
1s continuously repeated to provide delayed-time compensa-
tion of the sampled receive signal, where the delay 1s very
small and for all practical purposes appears to be real-time
compensation to the radio user.

The set of control parameters used to control the steady
state loop response or adapt response include a step limait for
the amplitude imbalance change, a step limit for the phase
imbalance change, and a step limit for the dc offset error
change. These parameters are used to minimize excessive
excursions in the compensation calculation that can be erro-
neously induced by the dynamic RF environment 1n which the
received signal 1s transmitted and are mcorporated 1nto step
728. The difference between the previous amplitude 1mbal-
ance coefficient value A (t-1), and the newest amplitude
imbalance coellicient value A (), 1s defined as the amplitude
imbalance step limit. The difference between the previous
phase imbalance coellicient value ¢(t—-1) and the newest
phase imbalance coellicient value ¢(t) 1s defined as the phase
imbalance step limait. The difference between the present 1/()
dc offset error compensation value and the newest dc offset
error compensation value 1s defined as the dc offset error step
limit. For an embodiment, the amplitude imbalance step limiut,
phase imbalance step limit, and dc¢ offset error step limit may
be variable, and are selected to provide improved accuracy of
the compensation values. In an embodiment, the amplitude
imbalance step limit, phase imbalance step limit, and dc offset
error step limit are setto 0.1 dB, 0.25 degrees, and 10 decimal
units respectively. The dc offset error step limit 1s specified
relative to the unit-less output range of the ADC, because the
dc offset error 1s set by the specific characteristics of the
recetver, which include, but 1s not limited to, total receiver
gain, Signal-to-Noise Ratio (SNR) of the received signal at
the ADC nput, and ADC sample resolution.

The set of adapt parameters that can trigger an adapt
sequence include a radio mode change defined as a user
initiated change 1n the radio’s operating condition, and/or
magnitude change in the Recerved Signal Strength Indicator
(RSSI) that exceeds a predefined threshold within a pre-
defined time period. A radio mode change for step 718
includes, but 1s not limited to, the initial power up sequence,
a change 1n the receiver operation frequency (eg: channel
change), a change from receirve channel bandwidth (eg:
change channel spacing), a change from transmit mode to
receive mode, or a dynamic scan ol multiple recetver chan-
nels i a predetermined sequence of fast transitions (eg: scan).
The mitiation of each of these modes 1 step 718 would
trigger the collapse of the nested loop and an 1nmitiation of an
adapt sequence for amplitude and phase imbalance, and do
olfset error compensation as nitiated at step 720.
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(Given that a radio mode change 1s not 1nitiated, an adapt of
the compensation values can still occur. In an exemplary
embodiment of the present invention, the amplitude and
phase imbalance nested loop 1s adapted when the RSSI varies
from weak signal to strong signal conditions, and the magni-
tude of the change exceeds a predetermined threshold, say 20
dB, 1in first loop 1teration period for coellicient A/¢ at step 716.
In an exemplary embodiment of the present invention, the dc
offset error nested loop 1s adapted when the RSSI varies from
strong signal to weak signal condition, and the magnitude of
the change exceeds a predetermined threshold, say 30 dB, in
first loop iteration period for coellicient 1, /Q , at step 716.
The threshold of RSSI change needed to trigger an adapt may
be variable, and the adapt controls for Amplitude/Phase
imbalance, and dc offset error can be independent or slaved to
cach other.

As has been previously discussed, the present embodiment
also 1ncorporates a suspension threshold decision step 708.
The suspension threshold 1s defined as a threshold at very
weak RSSI or at very strong RSSI levels where the compen-
sation values for the amplitude and phase imbalance, or dc
olffset error are held constant at the previous legacy compen-
sation value, and the newer compensation values generated
by the nested loop 1s 1gnored or “suspended”. The legacy
compensation values are utilized as long as the RSSI exceeds
the suspension threshold plus a predefined hysterisis value as
illustrated 1n step 712. The hysterisis value prevents chatter,
where chatter 1s defined as the condition where the new com-
pensation values are cyclically engaged and disengaged 1n an
uncontrolled manner should the RSSI level persist at a con-
stant level near the suspension threshold. For example, the
suspension threshold (T) can be set to an RSSI level corre-
lated to —110 dBm and the hysterisis 1s set to 5 dB. Both the
threshold and hysterisis may be variable, and can be selected
based on a specific characteristic of the recerved signal.

It will be appreciated that some or all functions could be
implemented by a state machine that has no stored program
instructions, or in one or more application specific integrated
circuits (ASICs), 1n which each function or some combina-
tions of certain of the functions are implemented as custom
logic. Of course, a combination of the two approaches could
be used. Thus, methods and means for these functions have
been described herein.

It 1s expected that one of ordinary skill, notwithstanding,
possibly significant effort and many design choices motivated
by, for example, available time, current technology, and eco-
nomic considerations, when guided by the concepts and prin-
ciples disclosed herein will be readily capable of generating
such software instructions and programs and ICs with mini-
mal experimentation.

It should be clear from the preceding disclosure that the
present invention provides a method that corrects 1/QQ 1mbal-
ance and DC offset error in a recerved signal continuously and
in real time. The correction method of the present invention
operates piece-wise continuously on the received signal and
does not require any pilot signal, sync-symbols of known
amplitude or phase calibration. The method provides a com-
pensation strategy, which takes into account a highly dynamic
RF environment, such as temperature and regulator toler-
ances. The adaptive averaging scheme and collapsible nested
loop address these variations. Moreover, the use of nested
loop allows the compensation value to be generated from any
ol the concentric loops, thereby allowing for faster and accu-
rate compensations in the recerved signal.
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In the foregoing specification, the invention and its benefits
and advantages have been described with reference to specific
embodiments. However, one of ordinary skill in the art appre-
ciates that various modifications and changes can be made
without departing from the scope of the present invention as
set forth 1n the claims below. Accordingly, the specification
and figures are to be regarded 1n an 1llustrative rather than a
restrictive sense, and all such modifications are intended to be
included within the scope of present invention. The benefits,
advantages, solutions to problems, and any element(s) that
may cause any benefit, advantage, or solution to occur or
become more pronounced are not to be construed as a critical,
required, or essential features or elements of any or all the
claims. The invention 1s defined solely by the appended
claims including any amendments made during the pendency
of this application and all equivalents of those claims as
1ssued.

What 1s claimed 1s:

1. A method of correcting 1n-phase/quadrature-phase (1I/Q)
imbalance present 1n a received signal, the method compris-
ng:

resolving the recerved signal into a predetermined number

of samples;

determining at least one coellicient value using a nested

loop, the nested loop having the predetermined number

of samples as an 1mput, the nested loop comprising at

least two loops, wherein determining the at least one

coellicient value using the nested loop comprises:

computing a predetermined number of primary loop
estimates based on the predetermined number of
samples;

computing a predetermined number of secondary loop
estimates based on the predetermined number of pri-
mary loop estimates;

computing a predetermined number of subsequent suc-
cessive loop estimates from a plurality of preceding
loops within the nested loop, wherein the predeter-
mined number of subsequent successive loop esti-
mates 1s based on a predetermined number of preced-
ing loop estimates;

computing a {inal loop estimate based on the predeter-
mined number of preceding loop estimates;

determining the at least one coellicient value using at
least one of: the final loop estimate, the predetermined
number of subsequent successive loop estimates, and
the predetermined number of primary loop estimates;
and

computing a compensation value based on the at least one

coefficient value; and

correcting the I/QQ imbalance 1n the received signal using

the compensation value.

2. The method according to claim 1, wherein each of the
predetermined number of primary loop estimates 1s a math-
ematical average, wherein the mathematical average 1s deter-
mined from the predetermined number of samples.

3. The method according to claim 1, wherein each of the
predetermined number of secondary loop estimates 1s a sec-
ondary mathematical average of the predetermined number
of primary loop estimates.

4. The method according to claim 1, wherein each of the
predetermined number of successive loop estimates from the
plurality of loops 1s a hybrid mathematical average of the
predetermined number of preceding loop estimates.

5. The method according to claim 1, wherein the final loop
estimate 1s a mathematical average of the predetermined
number of preceding loop estimates.
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6. The method according to claim 1 further comprising;:

collapsing the nested loop i1f an adapt parameter of the
received signal exceeds a predetermined threshold; and

rebuilding the nested loop.

7. The method according to claim 6, wherein the adapt
parameter 1s at least one of: a step size threshold, a hysteresis,
a step limit amplitude 1imbalance change, a step limit phase
imbalance change, and a maximum direct current (DC)
change of the received signal.

8. The method according to claim 1, wherein the step of
determining the at least one coetlicient value comprises cal-
culating amplitude imbalance using the relationship:

f(Q2)
A =
Vi

where (1), f(Q?) is defined as an arithmetic function f(x)
operating on the square of the quadrature components I and
Q.

9. The method according to claim 1, wherein determining,

the at least one coetlicient value using the nested loop com-
Prises:

computing a predetermined number of first loop estimates,
wherein each of the predetermined number of first loop
estimates 1s based on the predetermined number of
samples;

computing a predetermined number of second loop esti-
mates, wherein each of the predetermined number of
second loop estimates 1s based on the predetermined
number of first loop estimates;

computing a third loop estimate, wherein the third loop
estimate 1s based on the predetermined number of sec-
ond loop estimates; and

determining the at least one coelficient value using at least
one of the predetermined number of first loop estimates,
the predetermined number of second loop estimates and
the third loop estimate.

10. The method according to claim 9, wherein each of the
predetermined number of first loop estimates 1s a mathemati-
cal average of a maximum value parameter and a minimum
value parameter, wherein the maximum value parameter and
the minimum value parameter are determined from the pre-
determined number of samples.

11. The method according to claim 9, wherein each of the
predetermined number of second loop estimates 1s a math-
ematical average of the predetermined number of first loop
estimates.

12. The method according to claim 9, wherein the third
loop estimate 1s a mathematical average of the predetermined
number of second loop estimates.

13. The method according to claim 9, wherein computing
cach of the predetermined number of second loop estimates
COmMprises:

removing a highest value first loop estimate from the pre-
determined number of first loop estimates;

removing a lowest value first loop estimate from the pre-
determined number of first loop estimates; and

calculating a mathematical average of a set of remaining,
first loop estimates in the predetermined number of first
loop estimates.
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14. The method according to claim 9, wherein computing
the third loop estimate comprises:

removing a highest value second loop estimate from the
predetermined number of second loop estimates;

removing a lowest value second loop estimate from the
predetermined number of second loop estimates; and

calculating a mathematical average of a set of remaining
second loop estimates in the predetermined number of
second loop estimates.

15. The method according to claim 9, wherein an incre-
mental average ol the first loop estimates 1s used 1n computing,
the compensation value.

16. The method according to claim 9, wherein an incre-
mental average of the second loop estimates 1s used 1n com-
puting the compensation value.

17. The method according to claim 9 further comprising:

collapsing the nested loop 11 an adapt parameter of the
received signal exceeds a predetermined threshold; and

rebuilding the nested loop.

18. The method according to claim 17, wherein the adapt
parameter 1s at least one of: a step size threshold, a hysteresis,
a step limit amplitude 1mbalance change, a step limit phase
imbalance change, and a maximum Direct Current (DC)
change of the received signal.

19. The method according to claim 17, wherein the prede-
termined threshold 1s based on at least one of: strength of the
received signal and noise level present 1n the received signal.

20. The method according to claim 1, wherein the method
1s used to correct DC offset error in the received signal.

21. A method of correcting 1/QQ imbalance 1n a received
signal, the method comprising:

resolving the received signal into a predetermined number
of samples;

applying the predetermined number of samples to a nested
loop:;

resolving the predetermined number of samples 1nto a set
of parameters corresponding to I and Q);

computing a predetermined number of first loop estimates,
wherein each of the predetermined number of first loop
estimates 1s based on the set of parameters correspond-
ing to I and Q;

computing a predetermined number of second loop esti-
mates, wherein each of the predetermined number of

second loop estimates 1s based on the predetermined
number of first loop estimates;

computing a third loop estimate, wherein the third loop
estimate 1s based on the predetermined number of sec-
ond loop estimates;

computing a compensation value based on at least one of
the predetermined number of first loop estimates, the
predetermined number of second loop estimates and the
third loop estimate; and

correcting the 1/Q imbalance 1n the received signal using
the compensation value.

22. The method according to claim 21 further comprising:

collapsing the nested loop 11 an adapt parameter of the
received signal exceeds a predetermined threshold; and

rebuilding the nested loop.
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23. The method according to claim 22, wherein the adapt
parameter 1s selected from a group of parameters consisting,

ol a step size threshold, a hysteresis, a step limit amplitude 4 J f(Q2%)
IRt

imbalance change, a step limit phase imbalance change, and 5

a maximum DC change of the received signal.

24. The method according to claim 21, wherein determin- where f(I?), £(Q?) is defined as an arithmetic function f(x)
operating on the square of the quadrature components I and

Q

10 25. The method according to claim 21, wherein the method
1s used to correct DC offset error in the recerved signal.

ing the compensation value comprises the step of determining
at least one coellicient value from at least one of the prede-
termined number of first loop estimates, the predetermined
number of second loop estimates and the third loop estimate
and calculating amplitude imbalance using the relationship I T
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